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PULSE-CODE MODULATION FOR HIGH-QUALSTY SOUND-SIGIMAL DISTRIBUTION: 

PROTECTION AGAINST DIGIT ERRORS 



Summary 

Techniques for protecting a high-quality sound-signal pulse-code modulation 
(p. cm.) distribution system against bit-errors are compared. The criteria for choosing a 
technique suitable for a particular p. cm. transmission system are discussed. The optimum 
choice for binary p. cm. transmission of the sound signals via s.h.f. radio links is shown 
to comprise a combination of single-bit parity checking of the first five most significant 
bits in each channel word, with error concealment by zero-order extrapolation and high- 
frequency de-emphasis. 



1. Introduction 



For a recently completed study of multiplex distri- 
bution of high-quality sound signals by pulse-code modula- 
tion (p.c.m.)J'^ a set of experimental equipment was con- 
structed which incorporated an error-detection system at 
the receiving terminal. In the original design, the error 
detection equipment was arranged to mute all channel out- 
puts when the error rate exceeded a prescribed figure. This 
simple, but drastic, course of action was found to be too 
severe and the work described in this report was aimed at 
providing a more gradual and selective error detection and 
partial concealment system which would minimise the 
effects of errors at low and medium error rates, muting the 
signal only when it was so impaired by errors as to provide 
neither pleasure nor information. 

The report describes such portions of the instrumen- 
tation as are thought to be novel or interesting, and gives 
the results of preliminary subjective tests with random 
errors. 



Data transmission errors fall broadly into two classes, 
distributed errors with a normal (Gaussian) probability 
distribution, and burst errors which occur in groups. Dis- 
tributed errors are generally caused by Gaussian noise on 
the transmission link, such as that which would arise during 
fading on an s.h.f. link, burst errors are usually the result 
of interference. Most transmission channels are subject to 
both kinds of error and are known in the literature as 
'compound' channels. 

In addition to data errors as described above, errors 
may be caused by disturbance of the time or amplitude 
references in the receiving terminal data recovery equip- 
ment because of interference components in the input signal. 
These latter errors can be minimised by careful design of 
the data recovery equipment. 



3. Errors in data recovery 
3.1. Amplitude effects 



2. General 

Amongst the now well-known advantages of digital 
transmission of analogue signals, one of the greatest impor- 
tance is the ruggedness of the pulse signal sent along the 
transmission link. Digitally coded signals, that is, signals 
with a known number of allowed states, can be decoded 
without error by the receiving equipment, even though 
disturbed by interference, provided that the received signal 
approximates more closely to the intended state than to 
the adjacent ones. Binary transmission in which there are 
only two states, gives in this respect, the greatest possible 
immunity to error, and is a good choice for transmission 
paths such as s.h.f. links, which are subject to occasional 
high noise levels when fading occurs. 



To minimise errors in extracting binary data from the 
incoming signal, the reference voltage should normally be at 
the mid-point of the peak-to-peak excursion. This reference 
voltage may be obtained by rectifying the positive and 
negative peak values of the input signal voltage and aver- 
aging the two. The average value is required to remain con- 
stant when a succession of ones or zeros occurs in the data 
and therefore the reference voltage circuits must have a dis- 
charge time constant sufficient for this purpose. When 
interference on the data link causes large excursions of the 
input signal, one or both of the peak rectifiers will be dis- 
turbed and the mean value derived from the two will also be 
affected. When the interference ceases the mean value will 
return to normal at a rate controlled by the circuit time 
constants, and until this process is complete further bits of 
incoming data may be misread. Fig. 1 shows a reference 
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voltage generating circuit which is subject to errors of this 
l<ind; a large positive interference spike shown in the input- 
signal waveform is peak-rectified and the positive rectifier 
voltage recovers only slowly. All the ones in the next eleven 
bits are consequently nnisread as zeros. 

Fig. 2(a) shows an inriproved input circuit used in the 
experimental equipment. The peak rectifiers are cross- 
coupled by a capacitor C^ about one order larger than the 
smoothing capacitors Cj andC^. When a large input spike 
is received as shown in Fig. 2(b), both the positive peak 
rectified voltage and the negative peak rectified voltage are 
displaced because of the cross coupling. The next following 
negative pulse in the data restores the situation in large 
measure; the remaining disturbance in the positive peak 
rectifier voltage then subsides without causing further data 
errors. Rejection of narrow interference spikes is further 
assisted by increasing the charging time constant of the peak 
rectifiers by the introduction of series resistors Rj and R^. 

3.2. Timing effects 

To minimise errors in the recovery of binary data the 
digit pulses should be sampled at the centre of their time 
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slots to determine which of the two states is present. The 
clocking waveform controlling the sampling is derived from 
information carried by the zero-crossing times of the in- 
coming signal. The simplest method of generating the clock 
pulses, frequently used in p. cm. telephony, is by means of a 
high-Q resonant circuit energised from narrow pulses gener- 
ated at the times of zero crossing. As mentioned in a pre- 
vious report, disturbances to the clock by zero crossings 
which have been considerably displaced by interference can 
be eliminated by gating out all zero-crossing pulses falling 
outside appropriately chosen timing limits. Adoption of 
this gating technique on the experimental demultiplexer 
input unit permitted the clock to be maintained for peak- 
to-peak signal to r.m.s. noise ratios down to 8 dB as com- 
pared with a limit of 13 dB without gating. 



4. Error detection 

4.1. Proportion of check bits 

in digital transmission of numerical data, between 
computers for example, it is frequently necessary to correct 
completely any errors in transmission. Heavy penalties 
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Fig. 2 - Reference voltage generator with improved interference rejection 
{a) circuit [b) waveforms 



must be paid for this both in complexity of equipment and 
transmission of a large proportion of otherwise redundant 
check bits. 

For sound distribution, complete correction of trans- 
mission errors is not essential, and detection of the majority 
of errors by transmission of a small proportion of check 
bits, in conjunction with an error concealment technique as 
described in Section 5, is more appropriate. 

4.2. Position of error bit in word 

The disturbance caused by bit errors depends chiefly 
upon the numerical significance of the bits affected. 
Clearly, the nature of the programme material is also of 
direct importance here as it could be such as to mask a bit- 
error or an imperfection in an error-concealment technique. 

Subjective tests were carried out to give an indication 
of the impairment caused in the absence of programme by 
bit errors in given positions of significance. Three listeners, 
experienced in subjectively assessing impairments in high- 
quality sound systems, were separately given the following 
test. In a room of volume 85 m^ and of mid-band rever- 
beration time 0-3s designed for critical listening tests in a 
simulated domestic environment, each listener was played 
light orchestral music through a high-quality monitoring 
loudspeaker and was asked to adjust the volume to a level 
preferred by him for attentive listening. The music had 
fully modulated an eleven-bit p. cm. codec before being fed 
to the loudspeaker. Without any change being made to the 
gain settings in the system the music was silenced, and with 
no input programme, bit errors were introduced into selec- 
ted positions of significance over a range of random bit- 
error probabilities from 10^^ to 10""^. The listener was 
asked to grade on the EBU six-point subjective impairment 
scale the effect of the errors supposing that he was listening 
attentively to the silent programme, an occurrence which 
might arise in a drama, for example. The mean results are 
shown in Fig. 3. 
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* Data for zeroth bit is for bits 1 to 4 simultaneously in error 



Most telecommunications authorities accept that the 
highest bit-error rate likely to be reached on practical p. cm. 
telephony connections during normal service periods will be 
not more than 1 bit in 10* or 10'. Therefore, it is reason- 
able to assume that a first choice of the number of bits per 
word to be checked on a high-quality p.c.m. sound system 
should be on the basis of an expected maximum bit-error 
probability of 10^*. Remembering that the results in Fig. 
3 do not include error concealment, it is reasonable to 
adopt grade 2 ('Just Perceptible') as a threshold of need for 
error protection, i.e. bits suffering subjective impairment 
worse than grade 2 at a bit-error probability of 10^* should 
be protected. Therefore, the results from Fig. 3 suggest 
that means should be provided for protecting errors in at 
least the first five most significant bits of a word. 

Certain kinds of programme material, other than 
silence, were found to be particularly susceptible to impair- 
ment due to bit-errors. Further subjective tests were there- 
fore carried out, in a manner somewhat similar to that des- 
cribed earlier in th is section, with an appropriate vivace solo- 
trumpet item played through the experimental p.c.m. 
system arranged to give protection against errors occurring 
in the first n bits of each word. The error detection and 
concealment techniques used in these tests were those 
chosen as described in Sections 4.6 and 5.5 respectively. 
Bit errors were introduced by adding white Gaussian noise 
at various levels to the serial bit stream. It was found that 
the optimum value of n was not critical, and that a choice 
of « = 5 gave a good balance between, on the one hand, 
impairments due to bit errors, and on the other hand 
impairments due to imperfections in the error concealment 
technique. The subjective effects of digit errors will be 
described in more detail in a further report. 

4.3. Methods of using check bits 
4.3.1. Rigorous error detection 

Assuming a fixed ratio of data bits to check bits, 
the probability with which errors in a group of data bits can 
be detected increases with the sum total of check and data 
bits included in a check. It can be shown that m check 
bits appeared to a group of data bits makes detectable all 
errors within the data except 1 in 2™. Hence it would 
appear to be desirable to assemble data and check bits in 
groups so large that 2^^" is negligibly small. In the p.c.m. 
system being considered here, this could be done only by 
including in each group data from a number of sound 
channels. If virtually all errors in a group are detected, then 
error concealment would be applied upon detection of an 
error to all sound channels within the group, irrespective of 
the error location. Using the error concealment technique 
chosen as described in Section 5.5, this disadvantage was 
apparent in the experimental application of a rigorous tech- 
nique capable of detecting virtually all errors in a group of 
digits describing samples in several sound channels. The 
unnecessar/ error concealment performed upon channels 
free from error was found to give greater subjective impair- 
ment than that caused by unconcealed errors in numerically 
insignificant bits. There is little point in describing here the 
rigorous detection technique used, in view of its abandon- 
ment; it constituted a form of 'cyclic-code error detection', 
the underlying theory of which is given in Ref. 4. 



4.3.2. Single-bit parity checking 

Individual programme channels can be protected 
from bit errors by adding a check ('parity') bit to protect 
the first five bits in each channel word, the number five 
having been suggested in Section 4.2. The seheme is to pre- 
serve an odd number of ones among the group of six bits, 
i.e. to make the parity bit a one or zero to ensure that the 
number of ones among the six bits is odd. Odd parity was 
chosen to invalidate six ones or six zeros, two code values 
which could arise if the p.c.m. instrumentation or its bearer 
circuits were to become overloaded or subject to burst 
errors (see Section 4.4). 

With this arrangement, the probability with which 
errors will be detected appears to be very low, since only 
errors affecting odd numbers of bits, i.e. at first glance half 
of all possible errors, are detected. However, for distributed 
errors at error rates up to about 1 in 10^, the frequency of 
occurrence of single-bit errors is very much higher than that 
of multi-bit errors. The probability of occurrence of n 
erroneous bits in a group of m bits is, from the binomial 
distribution theory of errors,^ 



,C„P^' 



n) 



where 



^C„ is the number of combinations of n things 
chosen from a group of m things 

p is the probability of error in any one bit 

q = 'i—p = the probability of no error in any one bit 

Fig. 4 shows the probabilities of single and multiple bit 
errors in a group of six bits plotted against bit-error pro- 
bability. It will be seen that for bit-error probabilities 
lower than 4 x 10~^ double errors are less than 1% as fre- 
quent as single errors, and that the probability of double 
errors does not reach 10% of that of single errors until the 
bit-error probability has risen to 4 x 10^^. 

Thus, Fig. 4 implies that single-bit parity checking of 
each programme channel separately will detect the great 
majority of distributed errors in a practical p.c.m. system 
where the probability of a bit error is rarely likely to exceed 
10^* (see Section 4.2). 

4.4. Burst errors 

When a p.c.m. transmission link suffers from severe 
disturbances, blocks of errors occur in which the data may 
be obscured for periods of up to several milliseconds at a 
time. These blocks of errors, known as burst errors, 
represent a very high error rate and contain many multiple 
errors which will escape detection by the single-bit channel 
parity checks. Errors of this kind may however be dealt 
with by drawing information from all the individual channel 
error detectors, adding up the number of error-indications 
received in a given time, and so gaining a measure of the 
average error rate. When the average error rate exceeds a 
predetermined value, action to mute the programme out- 
puts may be taken by one of the methods described in 
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Section 5.1 below. It is advisable to provide overlap 
between the threshold average error rates at which muting 
is applied and removed, respectively, in order to reduce 
vacillation between the muted and normal conditions, in 
case the error rate hovers around the threshold values. 

Large disturbances on the data link may well take the 
input voltage at the receiving terminal to the upper or lower 
limit i.e. the all ones or all zeros condition. It is desirable 
in these circumstances to arrange the checking method for 
each channel to detect both extreme conditions. This is so 
when five data bits and one check bit are checked for 'odd 
parity', as described in Section 4.3.2. 

4.5. Networking considerations 

A major advantage of error detection in individual 
channels is found in the arrangements for error control at 
intermediate 'tee-off points on a distribution chain. If 
individual channel checking is used, incoming errors at an 
intermediate station can be permitted to propagate along 
the chain, the checking and error concealment techniques 
being applied at the terminus. If the other alternative of 
associating channels in groups for error checking is adopted, 
channels newly introduced into any multiplex can be pro- 



tected only be providing new error check digits for tiiat 
multiplex at the intermediate station. Information about 
uncorrected errors in the straight- through programmes 
would then have to be forwarded to the terminus separately. 
The complications arising in a large network from this 
cause might well reduce the system flexibility considerably. 

4.6. Choice of error detection technique 

From the above it appears that for a high-quality 
sound-distribution system it is preferable to protect each 
individual sound channel by a single check bit. This bit 
should be used to perform an odd parity check on the five 
most significant bits of the word. Failure of the parity 
check should result in error concealment by a suitable 
technique, such as one of those discussed later, being 
applied to the individual channel. At bit-error probabilities 
up to about 4 X 10"^, such parity checking will detect the 
great majority of distributed errors. 

In conditions where severe burst or distributed errors 
occur, the above method should be replaced by complete 
muting of all programme channels based upon evidence of a 
high average error rate; this evidence is provided by simul- 
taneous failure of parity in a number of channels within the 
multiplex. Further, the application of complete muting 
should be such that the release from the muted condition 
should not occur until conditions have significantly im- 
proved. 

Simultaneous muting of all channels at high average 
error rates of burst errors need not adversely affect the con- 
ditions for maintaining flexibility in the design of networks 
as described in Section 4.5. Muting could, if required, be 
applied at intermediate 'tee-off stations by substituting for 
each channel word a digital signal representing the middle 
of the possible programme voltage range; no question need 
therefore arise of forwarding error indications to a terminal 
station. 

5. Error concealment 

As mentioned in Section 4.1, ideally, digit errors should 
be corrected, and to a certain extent this can be done, but 
in p.c.m. sound-signal distribution, the benefits of error 
correction are great in relation to the extra cost of instru- 
mentation only when the ratio of peak-to-peak signal to 
r.m.s. noise dwells stably between 16 dB and 19 dB. If 
s.h.f. radio links bear the p.c.m. signals, then, because the 
most prevalent cause of error would be fading, it would be 
better to provide error concealment, that is, the reduction 
of subjective impairments caused by digit errors without 
correcting the digit errors themselves. This section describes 
several error concealment techniques, and gives reasons for 
choosing one of them for use in a high-quality sound-signal 
distribution system employing pulse-code modulated s.h.f. 
radio links, with the error detection technique as chosen in 
Section 4.6. 

5.1. Muting 

Perhaps the most obvious way to conceal digit errors 
is by simple complete muting, where the unfiltered output 



is deliberately annulled as depicted in Fig. 5(c). Such a 
simple muting technique was found to suffer from pro- 
gramme-dependent audible clicks due to rapid signal changes 
at the beginning and end of the muted sample period. To 
lessen the clicks it was found necessary to mute by expo- 
nentially attenuating the output sound signal with a time 
constant of at least 300 iJ.s, and to keep muting for at least 
1 ms. If further erroneous samples occurred during the 
muting period, muting was projonged until 1 ms had elapsed 
since the last error and until the muted output equalled the 
next error-free sample in magnitude. 

Although this way of concealing errors was found to 
be acceptable when applied at intervals of several seconds, 
the necessary muting period of at least 1 ms was found to be 
too long to avoid obtrusive programme interruptions where 
muting was applied several times per second per channel, 
irrespective of the error detection technique employed. 
Indeed, the subjective impairment due to the errors them- 
selves was often preferred (cf. Section 4.2). 

Muting can be put to good use when the average error 
rate becomes so high that the programme is unusable. The 
muting period would then have to be related directly to the 
overlapping thresholds in the average error rate detector 
outlined in Section 4.4. 

5.2. Holding of error-free samples: zero-order extra- 
polation 

Muting experiments, intended to discover an optimum 
combination of attenuation time constant and muting 
period, gave results which suggested that holding the error- 
free sample which preceded an erroneous sample over the 
period of the latter (about 30 jjls) would be an inexpensive 
but adequate method of error concealment. This simple 
holding technique may be conveniently described as zero- 
order extrapolation. Its effect upon the p.c.m. signal at the 
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output of the digital to analogue converter (d.a.c.) is shown 
in Fig. 5{d}. It was found that programme-dependent 
audible clicks, occasionally present at the end of such an 
error concealment, when the held sample value differed 
greatly from the true value, were advantageously out- 
weighed by the overall shortness of the programme dis- 
turbance caused by the error concealment, lasting for less 
than 10% of the optimum muting period of 1 ms referred to 
in Section 5.1. 

It was simple to instrument the holding technique; 
re-sampling of the d.a.c. output by the output hold unit was 
inhibited whenever an erroneous sample was detected. 
Consecutive erroneous samples were concealed by a pro- 
longed holding of the last error-free sample. 

5.3. High-frequency pre- and de-emphasis 

If the sound signal is unprotected from digit errors, 
the subjective effect heard at very high error rates is akin to 
that caused by random audio-frequency noise with a 
relatively intense high-frequency spectral content. It was 
therefore not surprising to find that high-frequency de- 
emphasis of decoded sound signals lessened the subjective 
impairment due to digit errors. As the bit-error rate fell, 
the sound caused by bit errors gradually changed in 
character from continuous noise to sporadic clicks. High- 
frequency de-emphasis with a 50 /is characteristic (which is 
used on the domestic v.h.f. f.m. radio services of the BBC), 
was found to blunt the incisive nature of the clicks, in 
such a way as to shift downwards by one or two positions 



of significance the bit in which an error caused a 'Just 
Perceptible' impairment. Approximately the same degree 
of benefit was found using the CCITT high-frequency de- 
emphasis characteristic. 

The use of high-frequency de-emphasis after decoding 
necessitates the use of pre-emphasis before coding, which, 
in turn, strengthens the need to protect the analogue to 
digital converter from overload by the sound signal. 
Adequate protection can be provided by reducing the 
sound signal level input to the pre-emphasis network and by 
following the latter with an appropriate limiter. Care must 
betaken in choosing the fixed value of input level reduction 
to avoid unacceptably frequent gain reduction by the 
limiter. The currently accepted value for a monophonic 
channel within the BBC is 4 dB for a 50 fis characteristic, 
but the figure is under review. This 4 dB 'safety factor' 
results in no change in signal to weighted noise ratio with 
pre- and de-emphasis applied. 

5.4. Interpolation and first-order extrapolation 
5.4.1. Analogue interpolation 

Experiments were conducted on first-order linear 
interpolation where an erroneous sample was replaced by 
the mean of the first preceding and first succeeding samples, 
as depicted in Fig. 5{e). An analogue interpolator was 
realised by means of a three-stage analogue shift register 
('bucket brigade') technique, as depicted in Fig. 6. In the 
absence of errors, the pulse-amplitude modulated (p.a.m.) 
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signal output from stage 2 (S^ ) was connected to the audio 
output via a low-pass filter. If parity -checking indicated an 
erroneous sample, an 'interpolate command' pulse caused 
the arithmetic mean of the p. a.m. signal outputs from 
stages 1 (S^ ) and 3 (S^ ) to be fed to the output filter when 
the erroneous sample had reached stage 2. The shifting of 
samples between stages was carried out at the audio-channel 
sampling rate. Stage 3 was fed by the interpolator output 
in order to improve interpolation slightly when consecutive 
erroneous samples were encountered. 

Subjective tests with the analogue interpolator, using 
the critical solo-trumpet item referred to in Section 4.2, 
indicated that, for bit-error rates up to about 1 in 300, such 
first-order interpolation raised the bit-error rate correspond- 
ing to a 'Just Perceptible' subjective impairment by almost 
one power of ten relative to that found when concealing 
errors by zero-order extrapolation. 

5.4.2. Digital interpolation 

Digit errors may be concealed by acting upon the 
digital signal before its conversion to analogue form, for 
example by first-order interpolation, as described in Section 
5.4.1 and depicted in Fig. 6, but in the digital domain. 

For a single audio channel, a digital interpoiator could 
be similar to the analogue scheme, replacing the analogue 
circuits by appropriate digital circuits. The input could be 
fed from a demultiplexer and the output would drive the 



channel's digital to analogue converter. 

At first sight it might appear that for N-channel 
operation, 3N word registers and N averagers would be 
needed, but if the channels are, as usual, time-division 
multiplexed, all N channel words could be interpolated 
sequentially using 2N + 1 word registers and one averager, 
as illustrated in Fig. 7.* The averager would probably not 
need to process full length channel words because approxi- 
mate interpolation involving only the more significant digits 
would be expected to give as good a subjective improve- 
ment as precise interpolation. 

5.4.3. First-order extrapolation 

Some consideration was given to more elaborate 
methods of extrapolation than that described in Section 
5.2. First-order linear analogue and digital extrapolation, 
computing sample value S'^ from the proceeding two sample 
values S^ and S^ in accordance with the relationship 
5j = ZSj — S^, would each require about the same com- 
plexity of instrumentation as the analogue and digital inter- 
polators described above. However, for single errors in a 
continuous sinusoidal signal, the erroneous difference be- 
tween the value S^, obtained by first-order extrapolation, 
and the true sample value S^, is significantly greater at all 
signal frequencies than the corresponding difference ob- 
tained with first-order interpolation. This can be seen by 

* This nnethod was devised by R.N. Robinson. 
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comparing curves {c) and {d) of Fig. 8 which show the 
modulus of mean sample-value error, normalised to the peak 
signal value, as a function of signal frequency. Further- 
more, at signal frequencies above one third of the baseband- 
signal cut-off frequency, first-order extrapolation gives a 
greater error than any of the other concealment techniques 
to which Fig. 8 refers. The basis of the computations used 
for Fig. 8 is given in the Appendix. 
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4 3 2 4 

signal frequency = f 
fg = baseband- signal cut-off frequency 

Fig. 8 - Single concealment errors with sinusoidal signals 

{a) simple complete muting E = 2/7r 

(b) zero-order extrapolation £■ = (4/7r) sin (77/72/^,) 

(c) first-order interpolation £ = (2/7r) (1 — coslTf///^)) 
id) first-order extrapolation £■ = (4/7r) (1 - cos{TTf/f^)) 

The paragraph above deals with sinusoidal signals only. 
There may be signals for which the rank-order of the error 
concealment techniques as depicted in Fig. 8 is wrong. 
However, experiments have shown that it is quasi-sinusoidal 
sound-signals of relatively high frequency, such as those 
originating from a solo trumpet (played mezzo-forte) or a 
glockenspiel, which are the most likely to suffer subjective 
impairment due to digit errors. 

5.5. Choice of error concealment technique 

It is helpful to make a qualitative comparison between 
the four methods of error concealment whose effects upon 
the (p. a.m.) unfiltered output of the digital to analogue con- 
verter are illustrated in Fig. 5, curves (c) to {/). The corres- 
ponding error waveforms after filtering are shown in Fig. 9 
curves (b) to (e); the effect of using high-frequency de- 
emphasis alone is also shown as Fig. 9, curve (/). The 
portion of original signal waveform which was used in Fig. 
5, and which served as the basis for Fig. 9, was chosen to 
illustrate the effects of digit-error concealment techniques 
upon a moderately-fast-changing waveform. It is of some 



interest to note from Fig. 8 that the rank order of error con- 
cealment technqiues suggested by Fig. 9 is the same as if the 
original signal had been a continuous sinusoid of frequency 
less than one third of the baseband signal cut-off frequency 
of the channel. 




-time 



Fig. 9 - Effect of digit error concealment: error waveforms 
at filtered output of digital to analogue converter 



{a) error unconcealed 

(6) error concealed by simple complete muting 
(c) error concealed by zero-order extrapolation 
id) error concealed by first-order interpolation 
(e) error concealed by first-order extrapolation 
if) error concealed by high-frequency de-emphasIs 



Assuming a sound-signal bandwidth of 15 kHz, it is 
evident from Fig. 8(a) that in the subjectively critical fre- 
quency band below 5 kHz, simple complete muting is the 
least effective error concealment technique of those des- 
cribed above, for a continuous sinusoidal signal. Subjective 
tests using simple complete muting and the more elaborate 
muting technique described in Section 5.1, indicated that 
muting was also relatively unsatisfactory on critical pro- 
gramme material such as a solo trumpet. The probable 
superiority of muting at signal frequencies above 7-5 kHz 
{fJ2), as suggested by Fig. 8(a), does not outweigh the two 
disadvantages just described. 

About the same degree of instrumental complexity is 
demanded by first-order interpolation and first-order extra- 
polation but, as is evident from Figs. 8(c) and (d), the latter 
technique is the worse for a continuous sinusoidal signal at 
any frequency within the channel bandwidth. It was there- 
fore felt that first-order extrapolation was not a technique 
to be preferred and it was not pursued further. 

Zero-order extrapolation. Fig. 8(6), performs reason- 
ably well for all frequencies of a continuous sinusoidal 
signal, and it was found to give good results in subjective 
tests using the solo trumpet. The results of these tests, 
expressed as the variation in subjective impairment with bit 
error probability, are shown in Fig. 10. It is evident that 
zero-order extrapolation raises the bit-error probability 
corresponding to a 'Just Perceptible' impairment from 10~^ 
to 10""^ , and that it gives a significant benefit even at high 
bit-error probabilities. The cost of implementing zero- 
order extrapolation in a p. cm. decoder of the type used 
here is negligible. 

Fig. 8(c) suggests that first-order interpolation should 
be the best of the error concealment techniques described 
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error concealment by 
zero-order extrapolation 



bit-error probability 
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Fig. 10 - Subjective effect of bit errors in presence of programme (solo trumpet) 



above, and this is supported by the results of subjective 
tests using the solo trumpet item, where the bit-error 
probability for a 'Just Perceptible' impairment was raised 
to IO"'*. Such an error concealment technique would be a 
good choice if the p.c.m. transmission system to be used had 
a stable bit-error probability of between 10^"* and 10""^. 
(Similarly, even the expense of error correction techniques 
would be justified if the bit-error probability were stable 
and above 10"'*.) The cost of implementing first-order 
interpolation, either by analogue or by digital equipment, 
would be very high compared with the cost of zero-order 
extrapolation. The latter would be adequate for bit-error 
probabilities of 10~^ or lower where a simple technique is 
desirable to conceal the relatively infrequent distributed 
errors. 

As mentioned earlier, the chief cause of distributed 
bit-errors on a p.c.m. transmission system using s.h.f. radio 
links is fading, i.e. varying r.f. signal strength caused by 
atmospheric effects, resulting in a varying signal to noise 
ratio. Fig. 11 shows, for a binary system impaired by 
Gaussian noise, the theoretical variation of bit-error rate 
with peak-to-peak-signal to r.m.s. noise ratio. Inspection of 
the curve reveals that the rate of change of bit-error pro- 
bability with signal-to-noise ratio is rapid over most of the 
range of interest; it is therefore most unlikely that the bit- 
error probability will dwell for a significant length of time 
at any particular value on an s.h.f. link. Therefore, if the 
transmission system uses s.h.f. radio links, then, for the 
reasons given above in this section, zero-order extrapolation 
emerges as the optimum of those techniques considered 
here, to complement the error detection technique described 
in Section 4.6. 

The use of high-frequency de-emphasis in conjunction 
with zero-order extrapolation is also recommended. It 
offers an additional mode of error concealment, and if a 50 



txs, characteristic is chosen, then it is possible that the 
requisite pre-emphasis network and limiter, located at each 
programme channel input, may obviate the need to site pre- 
emphasis networks and limiters at f.m. radio transmitters 
served by the p.c.m. distribution system. 




peak to peak signal ^r 
r.m.s, noise 



Fig. 1 1 - Theoretical variation of bit-error probability with 
signal to noise ratio (from Ref. 8, Fig. 24-8) 
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6. Conclusions 

A programme of work has been described which was 
primarily directed towards assessing techniques for pro- 
tecting a binary p. cm. distribution system for high-quality 
sound signals against bit errors. 

For the particular case of distribution via s.h.f. radio 
links, the most appropriate protection technique of those 
investigated was found to comprise a combination of error 
detection by single-bit parity checking of the five most 
significant bits in each channel word, and error concealment 
by zero-order extrapolation and high-frequency de-emphasis 
with a 50 ixs characteristic. Preliminary subjective tests 
using this recommended technique indicated that the bit- 
error rate at which subjective impairment became 'Just 
Perceptible' was raised from about 1 in 10', for no error 
protection, to about 1 in 10^. 

To cope with periods of extremely high bit-error rate 
in a multiplex system, when the decoded sound signals may 
be unintelligible or wholly unacceptable aesthetically, an 
average error-rate detector is recommended which takes 
account of the bit-error rate in each channel of the multi- 
plex and which controls a simple complete mute applied to 
all channels simultaneously. The threshold values of 
average error rate at which muting is applied and removed, 
respectively, remain to be chosen on the basis of appro- 
priate subjective tests. 

A more detailed appraisal of the subjective effects of 
bit-errors using the protection technique recommended 
above, will be made in a further report. 
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APPENDIX 

Single-concealment Errors With Sinusoidal Signals; 
Computational Basis for Fig. 8 



Symbols: 



V = signal value 

mean sample-value error 



E = 



peak signal value 

/ = signal frequency 

/(, = signal cut-off frequency, half the sampling fre- 
quency 

t = time 

Fig. 8(a): Simple complete muting 

During the concealment period the signal is annulled 
and E is therefore equal to the mean value of the sinusoidal 
signal, normalised to the peak value, i.e. E = 2/it. 

Fig. 8(&): Zero-order extrapolation 

Let the sinusoidal signal at a sampling instant, t, be 
given by 

F=sin 2nft 

then at the next sampling instant, t + (1/2/^), the true signal 
value 

V + ^V = smlirf (t + {M2f^)) 

whereas the signal value extrapolated to zero-order remains 
at 

sin 2-nf t 



The sample-error due to zero-order extrapolation is 
then 

AF= sin 2Tr/{f + (1/2/j.)) - sin 27r/f 

which, after trigonometric manipulation, may be written 

AF= 2 sin {7r//2/^) cos 77/(2? + 1/2/^) 

The sine term is constant, and the modulus of the mean 
value of the cosine term is 2/7r. Since we assumed a peak 
signal value of unity, we therefore have 

^=(4/77) sin (77 //2/,) 

Fig. 8(c): First-order interpolation 

Using an analysis similar to that used for zero-order 
extrapolation, we can derive an expression for the difference 
between the true signal value at the sampling instant 
t + (1/2/(,) and the value interpolated to first-order between 
the true signal value at the sampling instantsf and t + (1//(,). 
From this we find that 

£■= (2/77) (1- cos (77///^)) 

Fig. Q(d): First-order extrapolation 

Again using a similar analysis, we can derive an 
expression for the difference between the true signal value 
at the sampling instant t + (1/2/^) and the value extra- 
polated to first-order from the true signal values at the 
sampling instants r and f - (1/2/^.). From this we find that 

£"=(4/77) (1- cos (77///^)) 
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